ABSTRACT Co-frequency and co-time full-duplex (CCFD) technique claims to be the most potential duplex scheme for the next generation system, since it can double the spectral efficiency. The challenge of CCFD wireless communication systems lies in mitigating the self-interference (SI). In this paper, we focus on the digital SI cancellation (SIC) in the CCFD systems. The performance of the traditional digital cancellation techniques is mainly limited by the nonlinearity of the components of local transmitter. Aiming at the issue an auxiliary receive chain is employed in this paper. In addition, by exploiting the independence between signal of interest and self-interfering signal, two digital SIC algorithms based on independent component analysis are developed for two application scenarios of the CCFD technique, i.e., CCFD satellite communication systems and ground CCFD communication systems. Instead of achieving cancellation by reconstructing self-interfering signal in other works, the proposed algorithms extract desired signal from the received signal. Simulation results indicate that the proposed algorithms outperform conventional least square digital cancellation method.
I. INTRODUCTION
The design of a wireless communication system has been limited by the assumption that radios must either transmit or receive on the same channel, but not simultaneously (i.e., in half duplex (HD) mode) [1] . This leads to significant loss of spectrum efficiency. Recently, a wave of co-frequency and co-time full duplex (CCFD) research breaks out since it has great potential for improving spectra efficiency. With a CCFD communication system, radios can transmit and receive signals on the same channel simultaneously and thus, theoretically, can double the spectrum efficiency. References [2] , [3] studied the potential applications of CCFD in 5G networks to assist in achieving the goal of improving throughput 1000 times compared with 4G networks. Reference [4] exploited CCFD for deviceto-device (D2D) communications in heterogeneous networks. Reference [5] proposed a new design paradigm for enhancing spectrum usage using CCFD in cognitive radio. Reference [6] addressed the challenges of transceiver in mobile CCFD devices. All the literature [2] - [6] emphasized that the key issue in implementing CCFD is selfinterference (SI). When a CCFD radio works, some of its transmission energy is transmitted to its own receiver. Due to the fact that the undesired self-interfering signal is generated locally and the limitation of the user equipment size, the undesired signal is billions of times stronger than the signal of interest. For instance, in Wi-Fi systems, the average transmission power and noise floor are around 20dBm and −90dBm respectively, that is, a total of 110dB SI suppression is required to ensure the proper operation of CCFD system [7] . For Long Term Evolution (LTE) system, the signals propagate over longer ranges such that a larger gap is generated between transmitter power and sensitivity, which requires a higher ability of SI suppression at around 123dB.
In case that the SI suppression capability does not reach the requirement, the residual self-interfering signal will negatively affect the throughput.
Since the signal is transmitted by the CCFD radio, the selfinterfering signal is known to its own receiver. Intuitively, it should be relatively straightforward to subtract the selfinterfering signal from the received signal. However, it is far from that. Although the sender knows the clean digital baseband signal, the signal undergoes many unwanted impairments in transmit chain. The impairments may include both linear and nonlinear distortion (e.g., non-ideal analog components produce cubic or high-order distortions, such as power amplifiers (PA)), additional noise (e.g., analog circuits create transmitter noise), oscillator offset, and so on. Consequently, the received self-interfering signal consists of the linear and nonlinear component of the ideal transmitted signal and unknown noise. Obviously, it is not appropriate to directly subtract the self-interfering signal in a ''known'' baseband version from the received signal irrespective of these distortion factors.
Recently, several research groups [6] - [15] have considered the problem of SI suppression in CCFD system both in academic research and engineering practice. Some research results [9] - [15] have shown that CCFD radios are implementable in lab conditions. In the latest literature [9] , it also has been shown that the designed CCFD system prototype achieves about 1.9 times higher throughput than a HD system. Although some exciting results have been achieved in laboratory environment, as mentioned in [9] , the degree of SI cancellation (SIC) is still the key factor limiting the practicality of full-duplex practicality. In this paper, we will further explore the SIC for CCFD systems.
The methods of SIC in CCFD system can be divided into two categories: namely passive and active SIC. Passive methods rely on the directional SI suppression and antenna separation [3] , [8] , to increase the isolation between the transmit and receiving antennas, and hence reduce the power of the selfinterfering signal. 25-40dB interference suppression ratio can be obtained through passive methods [8] - [10] , [12] . In active methods, the self-interfering signal is reconstructed and subtracted from received signal. According to the different signal processing domain (analog or digital domain) where the SI is suppressed, the active methods can be divided into analog and digital cancellation techniques, which are always before and after the analog-to-digital converter (ADC) respectively.
In general, analog cancellation is implemented at radio frequency (RF) domain to prevent the receiver components saturating [8] , [9] , [13] , [14] , [16] - [18] . If the input signal-to-interference ratio (SIR) of ADC is lower than a determined value, the signal of interest will be distorted seriously caused by the quantization error of the ADC. Analog cancellations also can be implemented at baseband [19] . However, considering commercial issue and the fact that the baseband analog cancellation (BAC) gains are not clear, BAC techniques are not common. Limited by analog devices, analog cancellation techniques can only provide 18-40dB suppression [6] , [8] , [9] . Although a large amount (43-80dB) of SI has been suppressed by passive SIC and active analog cancellation techniques, there are still tens dB SI need to be further processed in digital domain. Compared with analog cancellation techniques, digital cancellation is more flexible, which can estimate SI channel and reconstruct selfinterfering signal conveniently.
In this paper, we investigate the SIC in digital domain. As reported in [16] , [17] , [20] , and [22] , the most of analog cancellation methods can only suppress the line of sight (LOS) SI. To further eliminate self-interference, digital cancellation is implemented to deal with the non-LOS components. The multipath SI channel can be modeled as finite-impulse-response (FIR) filter. In [23] , the SI channel coefficients are estimated in frequency domain. Reference [24] proposed a two-step algorithm based on Least Square (LS) to estimate SI channel. Reference [25] investigated the SIC technique for CCFD relays and multiple-inmultiple-out (MIMO) transceiver using LS methods as well. However, in most of these methods, the non-idealities of analog/RF circuit have not been considered. Zheng et al. [26] modeled the transmitter non-idealities as white noise in the context of cognitive radios. The effect of phase noise from oscillators on cancellation is studied in [20] , [25] , [27] , and [28] . In these studies, it was shown that the phase noise can potentially limit the amount of achievable SIC and using identical oscillator for transmitter and receiver can reduce the impact of phase noise (about 25dB gains can be obtained from SIC). However, as discussed in [22] , the effects of phase noise are low enough and are no longer the bottleneck of the system. References [7] , [29] investigated comprehension distortion calculations including nonlinear distortion, I/Q mismatch and other things. The findings in [7] and [29] - [32] indicate that the transmitter PA can significantly contribute to the selfinterfering signal and form a significant bottleneck in CCFD radio devices.
Thus, in this work, we focus on the achievable SIC at digital processing stage of receiver with full consideration of nonlinear distortion at transmit chain. In addition, since an expected SIC is carried out in the digital domain, another main component that can degrade the signal-to-interferencenoise ratio (SINR) at detector input of receiver is the quantitation error of the ADC. We also analyze the effect of the quantization error for the performance of CCFD receiver. Specifically, the impact of analog impairments at transmitter is introduced, and to avoid the effects of these impairments at active SIC stages (both in analog and digital domain) in receiver, a SIC scheme based on an auxiliary receive chain to copy self-interfering signal respectively in RF and digital domains is employed [22] . In most literature of self-interference cancellation (SIC) in full duplex system, SIC is achieved based on LS method. In this paper, by introducing an auxiliary receive chain and after some formula derivation, we transfer the SIC problem into blind source separation (BSS) [33] , [34] problem, and the independence between the self-interfering signal and the desired VOLUME 5, 2017 signal is effectively utilized. In addition, we propose two SIC algorithms based on independent component analysis (ICA) [35] , [36] for two different self-interference channel models, respectively, and the simulation results show that the performance of the proposed algorithms is much better than LSbased SIC methods. The content of this paper provides a new and better way to achieve baseband SIC in theory. Moreover, careful screening shows that ICA method has never been applied to SIC in full duplex system before.
The rest of this paper is organized as follows. In Section II, we present the CCFD wireless communication system model, and the signal model follows. The proposed methods for selfinterference cancellation of CCFD satellite communication systems and ground CCFD wireless communication systems are given in Section III. In Section IV, the performance of the proposed methods under different scenarios is analyzed. Finally, Section V concludes this paper.
II. CCFD WIRELESS COMMUNICATION SYSTEM MODEL
In this section, the CCFD transceiver principle is introduced from the view of SIC problem. According to the different applications of CCFD, channel models are analyzed. And then, the signal models are given considering the impact of transceiver impairments and the effects of channel. FIGURE 1. Basic configuration of traditional CCFD device: transmitter and receiver work on the same center frequency at the same time and a self-interfering reconstruction block aids to achieve SIC.
A. CCFD TRANSCEIVER PRINCIPLE
The CCFD communication devices work on the same center frequency at the transmitter and receiver at the same time, as shown in Fig. 1 . The mixing signal heard by the CCFD device includes three components: signal of interest (transmitted by other device), local signal (i.e., self-interfering signal comes from its own transmitter) and noise. Obviously, the SIC is necessary for proper decoding the weak signal of interest Fig.2 shows a detailed block diagram for our digital SIC approach based on a new CCFD transceiver architecture. The new transceiver consists of an ordinary transmitter and a new receiver. The new receiver consists of an ordinary receive chain, a RF SIC module and an auxiliary receive chain used for extracting desired signal. In the transmit chain, source signal can be modulated with arbitrary modulation mode, and then up-converted to the radio frequency. The RF signal is then filtered, power amplified and transmitted. The power splitter assigns some energy of the amplified signal as reference signal to the RF SIC module and the auxiliary receive chain. Since the input signal power of the auxiliary receive chain is controlled by the power splitter, the low noise amplifier (LNA) is no longer needed in the auxiliary receive chain. The reference signal at input of the RF SIC module helps to cancel RF LOS interference like in [9] , [10] , and [16] . The auxiliary receive chain and the ordinary receive chain share the same local oscillator (LO). The reference signal at input of the auxiliary receive chain and the residual signal after RF SCI stage are down-converted to baseband through the two receive chains respectively, then the desired signal is extracted from these two baseband signals.
Single antenna architecture with a circulator also can be employed in the transceiver. However, since the number of antennas is not the main issue of this paper, for convenience, we take the architecture based on two antennas for example.
B. SELF-INTERFERENCE CHANNEL MODELING
In this paper, two SI channel models are in consideration, i.e., SI channel only has LOS component and SI channel has LOS and non-LOS components. Two application scenarios are taken into consideration, satellite communication systems and ground communication systems.
In general, the self-interfering signal consists of two main components: LOS component comes from transmitting antenna directly and non-LOS component comes from the reflections of the transmit antenna. For CCFD satellite communication systems, the SI channel of satellite terminals only has LOS component since the satellite is in the vast outer space without any reflector around it. While for the ground terminals of satellite communications, according to the working frequency range, the SI channel can be multipath or only have LOS component. For example, fixed terminals working on C-band frequency have narrow beams, so almost no multipath components exist in SI channel (SI channel only has LOS component), while for mobile satellite communication terminals working on UHF-band, the beams are wide such that multipath components exist. In ground wireless communication systems, the non-LOS components account for a considerable part of the selfinterfering signal. The channel could be modeled as a FIR filter.
C. SIGNAL MODELS WITH COMPONENT IMPAIRMENTS
In this paper, the main impairments of the CCFD transceiver are considered. Specifically, the PA nonlinearity of the transmitter, ADC quantization noise and receiver Gaussian noise. We assume that other components do not have nonlinearity due to the fact that power efficiency is not critical for them except for the PA. I/Q imbalances may also exist at the I/Q mixer in transmit and receive chains [37] . However, according to the current device accuracy, the image rejection ratio can reach 60-80 dB at 500MHz-6GHz carrier frequency [38] , so the impact of I/Q imbalance could be neglected. For ease of analysis, baseband equivalent signal models are employed in the following.
The complex baseband signal which is transmitted after digital to analog convertor (DAC) is denoted by x (t). Some imbalance between I and Q branches take place at I/Q mixer [37] , and the signal at the output of transmitter I/Q mixer can be written as
where (•) * denotes the complex conjugate, g 1,T and g 2,T are the gains for the direct and image components respectively. Before transmission, the signal is filtered with a bandpass filter (BPF) and then amplified with a nonlinear PA. In this paper, we assume that all filters are sufficiently flat in band. For any nonlinear operation, the output signal can be modeled as a polynomial function of input signal [39] . In practice, typically, the nonlinearity is characterized by the third order intercept point [40] , and the signal at the output of PA can be written as [41] 
where α 0 and α 1 denote the linear gain and the gain of third order component respectively.
Next, the amplified signal is transmitted and couples back to the receiving antenna, and thus SI is generated. The received signal at the input of the ordinary receive chain is
where ⊗ indicates the convolution operation, s (t) is the signal of interest, h SI (t) and h soi (t) are the responses of SI and signal of interest channels, n in (t) denotes thermal noise.
To avoid the saturation of LNA, RF SIC is performed (where could be a single tap filter to suppress the LOS component [9] , [10] or a multiple taps filter to suppress LOS and non-LOS components [42] ). After RF SIC, the residual signal is
where f (t) is the residual channel response of SI channel after RF SIC stage. A LNA is following to amplify the residual signal, and the output of the LNA can be written as
where g LNA is the gain of the LNA, n LNA (t) is the noise caused by LNA. Like the transmitter, some I/Q imbalance also happens at receiver I/Q mixer [37] , and the downconverted signal can be written as
where g 1,R and g 2,R are the gains for the direct and image components respectively. As previously analyzed, the image rejection ratio of the devices can reach a rather high level, so the image components can be neglected. Finally, the variable gain amplifier (VGA) is used to adjust the power of r IQ R (t) to match the input voltage range of ADC, and then digitize the signal. The digitized signal can be expressed as
where T s indicates the sampling interval, g VGA is the gain of the VGA, n ADC (nT s ) is the quantization noise. For brevity, T s is dropped in the rest. A complete equation for y (n) can be derived by combining (4) to (7)
where 
where b indicates the number of quantization bit of the ADC, PAPR denotes the peak-to-average-power ratio (PAPR) of the input signal of the ADC in dB. The baseband version of auxiliary receive chain is
where ε = ε 0 g VGA g 1,R , ε 0 is the power division factor of the power splitter, n Aux ADC (n) is the quantization noise of the ADC in auxiliary receive chain.
III. BASEBAND DIGITAL SIC BASED ON ICA FOR CCFD COMMUNICATIONS
In this section, we introduce two digital SIC algorithms, which can be used in CCFD satellite communication systems and ground communication systems, respectively, based on ICA method using the reference signal from the output of the transmitter PA.
A. DIGITAL SIC BASED ON ICA FOR ONLY LOS COMPONENT EXISTING IN SI CHANNEL
In this case, only LOS component exists in self-interfering signal. The signal model of the two receive chain can be written as
where ξ (n) = n a (n) + n ADC (n), R (n) = y (n) x Aux (n) T and M = f SI f SOI ε 0 The aim of ICA-based source separation method is to search for a demixing matrix B, and the linear transformation of the two receive signals are used to estimate source signals. It can be expressed as
where E (n) is the estimation of x PA T (n) s(n) T . Ideally, when no noise exists in (14) , B is equal to the inverse of the matrix M, but it is hard to achieve. So, we define the estimation is success when BM is a generalized permutation matrix (i.e., only one non-zero element exists in each row and each column in the matrix). A fast fixed-point ICA algorithm [35] is adopted as follows.
1) Prewhitening by EVD
The covariance matrix of the received data R (n) is denoted 
where A = D − 1 2 U H M is whitening-mixing matrix. 2) ICA-based separation of received signals The ICAbased separation algorithm is to search for an orthogonal matrix W = [w 1 , w 2 ] to make the global matrix G = W H A is a generalized permutation matrix. Following [35] , the first orthogonal vector w 1 can be estimated as follows: a) Initialize w 1 with a random unit-norm vector. b) Update w 1 (17) where three versions of the function g (•) are often used:
c) Divide w 1 by its norm
Repeat b) and c) until w 1 convergences, and then w 2 is easily obtained through Schmidt orthogonalization, w 2 = w 2 − w 1 w H 1 w 2 . After this, the demixing matrix B is obtained,
2 U H , and the source signals can be estimated through (15) .
Since x Aux (n) is known, we can calculate the correlation values of x Aux (n) with the two estimated signals to eliminate the permutation ambiguity introduced by the ICA-based separation algorithm. Without of lose generality, we define the estimation of s(n) isŝ(n) = w H 1 Z (n), substituting (16) to this equation
B. DIGITAL SIC BASED ON ICA FOR BOTH LOS AND NON-LOS COMPONENTS EXISTING IN SI CHANNEL
In this case, the SI and intended multipath channels are modeled as FIR filters. The equation (8) can be rewritten as
where
T , L denotes the order of the channel filter and [•] T denotes the transpose operator.
T . According to equation (13) and (20), the received data can be written as
Considering the definition of x (n) under equation (20) that x (n) consists of x PA T (n) and using the FIR filter f SIe to filter the auxiliary receiver data, equation (21) can be transformed intoR
f SIe (l) n Aux ADC (n − l). Equation (22) can be rewritten as
To note that equation (23) is similar to equation (14) . However, it is unavailable to use the method in the subsection III. A directly since the SI channel is unknown. As introduced in subsection III.A, the aim of ICA-based separation method is to search for a demixing matrix B to make B √ p SI 1 ε 0 be a generalized permutation matrix. It is easy to obtain that one solution of B is
where β = − √ p SI ε . Then, the problem becomes to estimate β and f SIe .
We use the contrast function for the ICA-based separation method in [35] 
where G (•) is a smooth real even function. Maximizing the contrast function and taking the constraint of f SIe into account, we obtain the following optimization problem:
For ease of analysis, we assume E x (n) x H (n) = I ([•] H denotes the conjugate transpose operator), and then the constraint in (26) is transformed into f SIe 2 = 1, where • denotes the Frobenius norm. We now give the alternative optimization algorithm based on gradient descent for (26) :
. (27) and (28) are calculated alternately until β and f SIe converge. More details of the derivation can be seen in Appendix A. Once β and f SIe are estimated, the residual signal after digital SIC stage can be written aŝ
wheref SIe is the estimation of f SIe .
IV. SIMULATION AND RESULTS
In this section, the validity of the above two proposed digital SIC schemes is verified by numerical simulations. We consider a CCFD communication system with two users communicating with each other through QPSK signal. A complete transmit chain is implemented to model the conduct of the PA, LNA, AGC and ADC. We compare the performance of the proposed algorithms with LS estimators for the two CCFD communication scenarios. In the simulations, all channel taps are generated as complex zero-mean independent and identically distributed Gaussian random variables and all statistics are evaluated over 500 Mont-Carlo runs. If not specifically stated below, the simulation parameters are set as ADC input SNR=20dB, PAPR=10dB, and sample length N=5000. For brevity, we define the SI only has LOS component as Channel.1 and define the SI has LOS and non-LOS components as Channel.2. Fig.3 shows the performance of the proposed system schemes for different number of bits at ADC. It can be seen from Fig.3 (a) that the number of bits at ADC has little effect on the interference cancellation and the proposed method with nonlinear function g 2 and g 3 outperform LSbased method around 4dB in SIC capacity. To explain these phenomenon, noting that the quantization noise to signal ratio at auxiliary receive chain is very low (i.e., the digital baseband signal x Aux (n) is almost pure), and combining the desired signal and noise at ordinary receive chain as a new signal, (14) can be treated as noiseless mixture model. In addition, the separation performance of ICA-based BSS algorithm is not sensitive to input SIR. So, the quantization bits number has little effect on SIC. Fig.3 (b) shows the mean square error (MSE) of the SI channel estimation versus number of bits at ADC. In ground communication systems, the number of main paths is around 3-6, and we select as 3 in this paper. The proposed method with the three nonlinear functions have a similar MSE performance and are better than that of LS-based method. Fig.3 (c) shows the performance of output SINR for different number of bits at ADC and we have considered two cases for both Channel.1 and Chennel.2 in which the residual SIR after RF SIC stage (i.e., the input SIR at digital SIC stage) are −10 dB and −20dB. We can observe that the output SINR heavily relies on the number of quantization bit of ADC, the output SINR increases fast when the number of bits at ADC is low and saturates as the quantization bits keeps increasing. The reason is that the main factor limiting the system performance is the quantization error when the quantization bit number is low. As the quantization bit number increases (i.e., the precision of ADC increases), the impact of ADC decreases and other effects will become the bottleneck. Fig. 4 shows the constellation results of proposed method for Channel 1 at different simulation conditions. It can be seen that the impact of the quantization bits number at low input SIR is much higher than that at high input SIR. Fig. 3 also shows that when input SIR increases from −20dB to −10dB, the quantization bits required in ADC can be decreased by 3 bits to obtain the same SINR value. Fig. 5 shows the performance of the proposed system schemes for different input SIR. From Fig. 5 (a) , we can observe that the amount of SIC in dB scale for Channel.1 decreases almost linearly with the input SIR and the proposed method with nonlinear function g 2 and g 3 outperform LS-based method around 5dB in SIC capacity. It indicates that the output SIR is maintained at a certain level and independent of the input SIR. Fig. 5 (b) shows that the MSE performance of the proposed algorithm for Channel.2 is not sensitive to the input SIR and the proposed method with the three nonlinear functions have a similar MSE performance with around 6dB gains compared with LS-based method.
The performance of the proposed digital SIC algorithm for different channel order of Channel.2 is presented in Fig. 6 . Fig. 6 reveals that the MSE increases with the channel order. The proposed method with the three nonlinear functions have a similar performance and outperform LS-based method around 6dB.
V. CONCLUSION
In this paper, two digital baseband SIC algorithms based on the concept of ICA have been proposed. The first algorithm solves the case when SI only has LOS component. In the second algorithm, the SIC problem with multipath SI channel is solved. Both of the two proposed algorithms take the output signal at PA in transmit chain as the reference signal for both RF and digital baseband SIC stages. Consequently, all the nonlinear factors introduced by transmitter would not impact on the SIC at receiver. At receiver, the effect of ADC is also considered. The proposed two approaches are evaluated by simulation, and the simulation results show that the proposed methods improve the channel estimation accuracy and the SIC performance.
APPENDIX
We shall derive the alternative optimization algorithm based on gradient descent for (26) . Let f SIe (n) = f r SIe (n) + if i SIe (n). For the ease of derivations, the algorithm updates the real and imaginary parts of f SIe (n) separately. For briefly, the time index is omitted in the following without ambiguity. The optimization problem of (26) The derivative of the contrast with respect to f SIe is
where the gradient is computed with respect to the real and imaginary parts of f SIe separately. The first and second terms of the right hand in (31) are (32) and (33), as shown at the bottom of this page, respectively. 
where µ 1 is convergence factor. The optimization problem of (26) can be solved through calculating (34) and (36) alternately until f SIe and β converge.
